Measurements were made of bass drum tones to determine the characteristic properties of the sound. The analysis was performed with computer-modeled band-pass filters with 3-Hz bandwidth. Frequency, peak sound pressure level', and decay rate were determined for each of the major components from 40 Hz up to 1000 Hz. The frequencies of the components were found to change with time, decreasing as amplitude of vibration decreases. Observed frequenc. ies agreed with theoretical values to within 5% in some cases and less than 1% in most. It was found that a blow near the center of the drum puts more energy into the lower-frequency components, while a blow near the edge emphasizes those of higher-frequencies. Drum tones were synthesized by summing the contributions of each of the important components. Recordings of synthesized and real tones were presented randomly in listening tests. Synthesis was viewed as successful when the synthetic tones were judged to be real as often as they were judged to be synthetic. In the listening tests, a jury of 31 people correctly identified the synthetic tones only 51% of the •imes those tones were presented.
tube of rather large diameter which is closed at both ends by stretched membranes.
These membranes are set into vibration by striking either one or both of them with suitable drum sticks or padded mallets.
The spectrum of the tone emitted changes with time and depends upon the location on the membrane where the blow is struck and the vigor of the blow.
There are three main parts of the drum that are set into vibration, namely, the two membranes and the (2) The membrane has a uniform tension T and surface density • over the entire surface.
(3) The restoring force when the membrane is deflected is due entirely to the tension of the membrane. Effects due to the air compressed on either side of the membrane are assumed to be negligible. The fundamental or lowest resonance frequency (with In the experiments described below, the two membranes of the bass drum were tuned so that they had about the same fundamental frequency (40 Hz). For the lowest and most prominent frequencies generated by the drum, the wavelength in the air space between the two membranes is large compared to their distance of separation, and it would be expected that the three vibrating parts would vibrate in phase. 
Rayleigh's derivation leads immediately to the

II. EXPERIMENTAL MEASUREMENTS
The bass drum used in this study had a membrane 
where a is the radius of the drum head, T o is the tension at equilibrium, (• is the average surface density of the membrane, and k is a constant relating the in- placements of at least 6 mm, resulting in a frequency shift of nearly 10%.
III. ANALYSIS OF THE TONES
A compensation was made for the frequency shift described above, so that the components of the tone would have constant frequencies for analysis purposes. A graphic picture of the total filtered signal, illustrating its complexity is given in Fig. 3 . This figure is a perspective plot of part of a spectrum made from the individual filter-output curves set side by side. The resuit is a view of the variation of frequency and sound pressure level versus time.
For the signal depicted in Fig. 3 , no compensation was made for the frequency shift described above. The changing frequency is apparent in the initial portion of the tone. This plot was not used in the actual analysis, but is included here as an aid in visualizing the filtered sound pattern. The loudspeaker signal was used to drive the drum, scanning through the frequency range until a resonance was found. With the drum resonating at a single frequency, the loudspeaker would be shut off suddenly, leaving the drum sound to decay alone. (The decay rate of the loudspeaker was much faster than that of the drum. )
IV. MEASUREMENTS OF DECAY RATES
The decay rate of the drum tone was then plotted by the level recorder. This method provided new values for decay rates of all of the frequencies at which the drum could be made to resonate, but not all of the components responded with sufficient energy to be detected. Those components that could be made to resonate matched closely in frequency with those of the previous analysis.
The new decay rates were used to synthesize a second drum tone. There was considerable improvement, but the tone still did not sound the same as the original. The problem here may be due to the different modes being not completely independent of each other. A point on the membrane that would be an antinode for one mode might be a node for another, and considerable interplay between partials would occur when the complete tone was soundedø The single frequency resonance data provided additional information but did not yield the complete picturge. Tables II and  III, respectively. Table II shows values for a sound produced when the drum is struck near the center of the drum head (tones R•., S•.). The values in Table III are for a drum struck near the edge (tones Rs, S3). As one might expect, the major difference between the two tones is that there is more energy in the higher frequencies for the blow struck near the edge of the drum head. Table II , a corresponding frequency can be found in Table I tones is not known on a theoretical basis at this time.
For each of the frequencies in
Since they were quite prominent in the analysis, they were included in the synthesis of tone S 3. All of the other components can be matched to corresponding values from Table I to within 1%, except 132 and 152 Hz which are nearer 5%.
Many of the same components appear in both analyses, but there are several that appear in only one or the other. Correspondingly, the two tones sound basically alike but easily recognizable differences can be heard when they are compared. Table I are so close together that a theoretical value can always be found to match very closely each observed value.
Frequencies higher than those shown in
v. SYNTHESIS Synthesis of the drum tones was carried out on a computer. For each component a decaying sinusoid was generated whose frequency, beginning sound pressure level and decay rate were as shown in Tables II and III. The contribution of all components at each point in time phase and increased in the positive direction, the result would be a large amplitude spike at the beginning of the sound. To prevent this spike from occurring, the phase was set at zero for the fundamental frequency, and shifted by 180 ø for each succeeding component. A "time compression" was imposed on the waveform at the beginning of each tone so that the frequency change shown in Fig. 1 was included in the synthesis. This, "time compression" of the first part of the signal was simply the reverse of the "time stretching" used in the analysis.
A ten-second tone was computed for each synthesis.
The digital representation of each tone was digital-toanalog converted (at a rate of 10000 samples per second) and recorded on audio tape. Three synthetic tones labeled S•, S•., and S 3 were computed and recorded. The data used in S•. and S 3 are shown in Tables II and III , respectively. Tone S• was taken from the Table II data before the final refinements were made in the decay rates. The recording level was adjusted to give maximum amplitude on the tape without distortion.
VI. LISTENING TESTS
The sound from an actual bass drum is different from the sound of the same drum played back through a tape recorder. Even the best loudspeakers have less than perfect frequency response characteristics and become directional at higher frequencies. The use of headphones instead of loudspeakers as a transducer makes the recorded sound more realistic.
Since the synthetic tones needed to be presented to the listeners via headphones, it was necessary to use recordings of the real drum, rather than the actual drum tones for comparison in the tests.
Three synthetic tones and the three real tones (from which the synthetics were modeled) were recorded on audio tape from a digital-to-analog converter. A tape was made so that the six different tones were presented five times each, making a total of thirty tones in the test. The order of presentation of the tones was randomized. The tape was played back through a tape recorder, amplifier, and KOSS PRO 4 AA headphones. The output level was adjusted to give a maximum fast sound pressure level under the headphones of 112 dB for the lightest blow and 126 dB for the loudest. 
VII. CONCLUSIONS
The sound from a bass drum can be considered to be made up of a series of "pseudo sinusolds" of different amplitudes, frequencies, and decay rates. Because frequency and amplitude are both changing rapidly with time, the components are not true sinusoids. However, using sine functions to generate a series of components and changing the frequency and amplitude with time it is possible to synthesize a signal that closely resembles recordings of real tones. The results of this study support the following conclusions:
(1) Many of the natural modes of oscillation are stimulated when the drum is struck. All do not respond at the same amplitude. Some are so weak that they are 
